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1
USING NON-IMS CONNECTIONS IN IMS
SESSIONS

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application is a continuation of and claims the benefit
of PCT Application PCT/CA2011/050450, entitled “Using
Non-IMS Connections in IMS Sessions,” filed on Jul. 22,
2011, the entire contents of which are hereby incorporated by
reference.

TECHNICAL FIELD

This invention relates to wireless communications and,
more particularly, to the utilization of non-IMS SIP signaling
protocol for IMS session.

BACKGROUND

In Third Generation Partnership Project (3GPP) systems,
an internet protocol (IP) multimedia subsystem (IMS) net-
work can provide mobile users with IP multimedia services,
such as voice, video and data. Using IMS, a mobile device
may transmit and receive multimedia and/or voice packet
switched (PS) communications via a base station implement-
ing one or more IMS Functional Components. To implement
IMS, networks can rely upon session initiation protocol (SIP)
to provide text-based signaling that can be used to commu-
nicate between a UE and the IMS Core Network (CN),
between the IMS CN and Application Servers, and between
various other components of the IMS Network.

In an IMS network, when a caller wishes to establish an
IMS communication session with a callee, the caller’s mobile
device can construct a SIP INVITE request and forward it to
the caller’s home network via a Proxy-Call Session Control
Function (P-CSCF). The P-CSCF can take a snapshot of the
Session Description Protocol (SDP) in the INVITE request
and routes the request further to the caller’s Serving-SCF
(S-CSCF). After receiving and validating the request, the
S-CSCF retrieves the caller’s initial Filter Criteria (iFC) from
the Home Subscriber Server (HSS) and executes the service
control logic. The execution logic may include, for instance,
invocation of IMS Application Servers (ASs) located in the
home network. Typically, the S-CSCF does not invoke the
IMS AS by itself, but passes control over the service orches-
tration to a service broker Application Server (AS). In some
instances, the service broker AS orchestrates the IMS AS
invocations based on the iFC configurations.

Once the IMS AS has processed the SIP INVITE request,
the control is returned back to the S-CSCF. The S-CSCF can
determine a next hop for the request and forwards the request
to the callee’s Interrogating-CSCF (I-CSCF). The I-CSCF
can locate the home S-CSCF of the callee and sends the
request to the S-CSCF through a number of DNS and diam-
eter queries. The IMS AS’s invocation in the terminating
network is similar to the originating. Further, the S-CSCF
forwards the request to the callee’s P-CSCF and finally the
callee’s mobile device receives the request. The response
generated by the callee traverses the same path back to the
caller. After several forward and back SIP messages, the
session establishment procedure is completed.

DESCRIPTION OF DRAWINGS

FIG.1is a schematic representation of an example wireless
cellular communication system.
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2

FIG. 2 is a swim lane diagram illustrating an example
process of IMS session initiation based on using non-IMS
protocol.

FIG. 3 is a swim lane diagram illustrating an example
bearer activation process in IMS based on using non-IMS
protocol.

FIG. 4 is a swim lane diagram illustrating an example IMS
procedure when an SIP INVITE request is rejected.

FIG. 5 is a swim lane diagram illustrating an example IMS
procedure when an SIP INVITE request is delayed.

FIG. 6 is a schematic representation of a server and user
equipment operable for some of the various implementations
of the disclosure.

Like reference symbols in the various drawings indicate
like elements.

DETAILED DESCRIPTION

The present disclosure provides for systems, methods, and
apparatuses relating to wireless communications and, more
particularly, to the utilization of non-IMS SIP signaling pro-
tocol for IMS session. In some aspects, a first electronic
device (e.g, user equipment (UE), a server, a private branch
exchange (PBX), a gateway) can initiate an I[P multimedia
subsystem (IMS) session initiation protocol (SIP) communi-
cation session using a non-“IMS SIP” protocol/connection.
Comparing to IMS SIP, which can be a set of 3GPP specifi-
cations defining SIP profile in IMS networks, a non-“IMS
SIP” can be SIP profile defined outside of 3GPP IMS stan-
dardization activities. Furthermore, in some implementa-
tions, the IMS SIP messages may be sent by an electronic
device inside of IMS networks, while SIP messages may be
sent outside of IMS networks. After IMS SIP session initia-
tion, a network resource may be reserved for one or more
media services used in the IMS SIP communication session.
The IMS SIP session initiation process may start from the first
electronic device sending a non-“IMS SIP” message. The
non-IMS SIP message may be an indication of a SIP call/
session/dialog being initiated by the first electronic device.
The non-“IMS SIP” message can be transmitted to the IMS
application server directly, through a public IP network. In
comparison, a regular SIP INVITE request message for IMS
SIP session initiation may be routed through multiple hops
including through a Proxy-Call Session Control Function
(P-CSCF) and a Serving-CSCF (S-CSCF) of the IMS core
network. The non-“IMS SIP” may be any protocol other than
an IMS SIP that can deliver the non-“IMS SIP” message to the
AS faster than the IMS SIP. For example, the non-“IMS SIP”’s
that are suitable for the implementations of the disclosure
may include Hypertext Transfer Protocol (HTTP), “non-
IMS” SIP (as defined by internet engineering task force
request for comments (IETF RFCs)), REpresentational State
Transfer (REST), Transmission Control Protocol (TCP), P2P
protocols, proprietary protocols (e.g., research in motion pro-
tocols), or others. The first electronic device may also send a
SIP INVITE request to initiate a regular SIP INVITE dialog/
call/session. After receiving the non-“IMS SIP” message, the
AS can initiate a SIP dialog with IMS core network without
having to wait for the SIP INVITE request.

After a SIP INVITE request and a provisional response to
the SIP INVITE request have traversed the IMS network
among at least the first electronic device, the AS and the
second electronic device, the IMS SIP communication ses-
sion may be initialized and a resource reservation for one or
more IMS multi-media services may be completed. The first
electronic device may then activate at least one bearer/media
associated with the reserved resource. In some aspects, a first
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electronic device can initiate a bearer/media activation pro-
cedure for IMS SIP session using non-“IMS SIP” protocol/
connection after a resource reservation procedure described
in the previous section has been completed. The bearer acti-
vation procedure may start from a first electronic device
transmitting a non-“IMS SIP” message, for example, an
HTTP UPDATE request, i.e., a message that may include an
HTTP header or a header-parameter with e.g., verb
“UPDATE” or any other parameter that may be used by the
application server to identify an action to be performed on the
SIP call leg of a call/dialog/session without departing from
the scope of the present disclosure. It is to be understood that
besides the header-parameter “UPDATE” (and correspond-
ing SIP UPDATE request/transaction), example parameters
suitable for other SIP transactions for the non-“IMS SIP”
message may also include “PRACK”, “OPTIONS”, “BYE”,
“CANCEL”, “INFO”, and “MESSAGE”. Similar to the IMS
SIP session initiation process using non-“IMS SIP” protocol/
connection, the HTTP UPDATE message may be transmitted
to the application server directly. As such, the time for the
HTTP UPDATE message to arrive at the application server
may be faster than a regular SIP UPDATE request, which may
be delayed by the P-CSCF and S-CSCF before arriving at the
AS. The first electronic device may not transmit a separate
SIP UPDATE request to the AS for bearer activation, since the
network resource has already been reserved. After receiving
the HTTP UPDATE request, the AS can send a SIP message/
request to IMS core network for bearer/media activation.

The electronic devices described above may operate in a
cellular communication system 100, such as the example
system shown in FIG. 1. The example cellular system 100
illustrated in FIG. 1 includes one or more UEs 110 (two UEs
are shown), a radio access network (RAN) 120 a core network
(CN) 130, IMS 140, and external internet protocol (IP) net-
works 145. The core network 130 further includes a home
subscriber server (HSS) 135, and the IMS further includes an
IMS application server 150.

UE 110 may be any mobile electronic device used by an
end-user to communicate, for example, within the cellular
system 100. The UE 110 may be referred to as mobile elec-
tronic device, mobile device, user device, mobile station,
subscriber station, or wireless terminal. UE 110 may be a
cellular phone, personal data assistant (PDA), smartphone,
laptop, tablet personal computer (PC), or other wireless com-
munications device. Further, UEs 110 may include pagers,
portable computers, Session Initiation Protocol (SIP) phones,
one or more processors within devices, or any other suitable
processing devices capable of communicating information
using a radio technology. UE 110 may communicate directly
with a base station 115 included in a RAN 120 to receive
service when UE 110 is operated within the cell associated
with the corresponding base station 115. UE 110 may also
receive radio signals from more than one base station 115
included in RAN 120.

Functionally, the UEs 110 may be used as a platform for
different applications of communications. For example, the
UEs 110 may be used for interacting with the cellular network
by transmitting/receiving signals for initiating, maintaining
or terminating the communications the end-user requested.
The UE 110 may also include mobility management func-
tions such as handovers and reporting the location, and in
these the UE 110 performs as instructed by the cellular net-
work. One exemplary function of the UE 110 may be to
provide the user interface to the end-user so that applications
such as voice call, video communication, data transmission or
web browsing may be implemented.
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In some implementations, UEs 110 may transmit in one or
more cellular bands. One or more UEs 110 may be commu-
nicably coupled to the RAN 120. In these cases, messages
transmitted and/or received by UEs 110 may be based on a
multiple access technology. In some implementations, the
UESs 110 are configured to use orthogonal frequency division
multiple access (OFDMA) technology or single carrier—
frequency division multiple access (SC-FDMA) technology
to communicate with the base station 115. In some other
implementations, eNBs 115 may also accommodate UEs 110
using multiple access technologies such as time division mul-
tiple access (TDMA), frequency division multiple access
(FDMA) and code division multiple access (CDMA). The
UEs 110 may transmit voice, video, multimedia, text, web
content and/or any other user/client-specific content. Some
multimedia content, e.g., video and web content, may take
advantage of high channel throughput based on multiple-
input-multiple-output (MIMO) technology. MIMO technol-
ogy may enable the system to set up multiple data streams on
the same channel, thereby increasing the throughput of the
channel. In short, UEs 110 generate requests, responses or
otherwise communicate in different means with core network
130 and/or Internet Protocol (IP) networks 145 through RAN
120. A few components included in the UE 110 and their
corresponding functionalities are further described in the
illustration of FIG. 6.

A RAN 120 is part of a telecommunication system which
implements a radio access technology, such as Global System
for Mobile Communications (GSM), CDMA, Universal
Mobile Telecommunications System (UMTS) and 3GPP
Long Term Evolution (LTE). In some applications, the RAN
120 for a 3GPP LTE system is called an EUTRAN. The RAN
120 can locate between the UEs 110 and the CN 130. The
RAN 120 includes one or more base stations 115. The base
stations 115 can be radio base stations 115 that may control
one or more radio related functions in a fixed part of the
system. The base station 115 may directly communicate to
one or more UEs 110, other base stations 115 and the CN 130.
The base station 115 may be the end point of the radio pro-
tocols towards the UEs 110 and may relay signals between the
radio connection and the connectivity towards the CN 130.

A CN 130, or a backbone network, can be the central part
of a telecommunications network. Functionally, CN 130 may
be used for providing various services to customers con-
nected by the RAN 120, including routing calls across the
RAN 120, IP networks and/or public switched telephone
network (PSTN). In LTE system, the main component of CN
130 is the evolved packet core (EPC). The CN 130 may
include a home subscriber server (HSS) 135. In some imple-
mentations, the HSS is also called a User Profile Server Func-
tion (UPSF). The HSS 135 is a master user database that
supports the IMS network entities that actually handle calls.
The HSS 135 contains the subscription-related information
(e.g., subscriber profiles) and user identifies, performs
authentication and authorization of the UEs 110, and can
provide information about the UE’s location and IP informa-
tion. Various user identities may be associated with IMS, e.g,
IP Multimedia Private Identity (IMPI), IP Multimedia Public
Identity (IMPU), Globally Routable User Agent URI
(GRUU), Wildcarded Public User Identity. In some imple-
mentations, the core network 130 can include an IMS core
network.

An IMS 140 is an architectural framework for delivering
Internet Protocol (IP) multimedia services. To ease the inte-
gration with the external IP networks 145, IMS 140 uses
Internet Engineering Task Force (IETF) protocols, e.g. SIP.
IMS 140 may be used to help the access of multimedia and
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voice applications from wireless and wireline terminals. In
other words, the IMS 140 may create a form of fixed-mobile
convergence. This is done by having a horizontal control layer
that isolates the RAN 120 from the service layer. From a
logical architecture perspective, services may not have their
own control functions, as the control layer can be used as a
common horizontal layer. The IMS 150 are communicably
coupled to the CN 130 and RAN 120 to provide multimedia
services to UEs. In some implementations, network compo-
nents included in CN 130 and RAN 120 can be used to form
part of the IMS 140. The IMS 140 may communicate with a
UE 110 or the external IP networks 145 using Internet Pro-
tocol for IP addressing and routing. The IMS 140 may include
an IMS application server 150. The IMS application server
150 may host one or more applications for providing multi-
media services to UEs 110. A few components included in the
IMS server 150 and their corresponding functionalities are
further described in the illustration of FIG. 6. In some imple-
mentations, the IMS 140 may be communicably coupled to a
PSTN (not shown) and/or external IP networks 145. The
external IP networks 145 may include public networks (e.g.,
Internet) and private networks that support Internet Protocol.

In some aspects of operation, an IMS SIP message may be
sent by UE 110 through the RAN 120 and CN 130 that
includes an IMS CN, to the IMS AS server 150. While trans-
mitting through the IMS CN;, a P-CSCF included in the IMS
CN may process the IMS SIP message by at least retrieving a
session description protocol information from the IMS SIP
message, and a S-CSCF included in the IMS CN may process
the IMS SIP message by at least retrieving an initial Filter
Criteria from the HSS 135, and executing a service control
logic. For a non-“IMS SIP” message sent by UE 110, the
message may be delivered to the IMS AS server 150 without
being processed by the P-CSCF and S-CSCF. It is to be
understood that although UE 110 is used in here as an
example electronic device to generally represent a terminal
for IMS communication, any other electronic devices (e.g.,
server, PBX, gateway, etc.) that can transmit and receive IMS
SIP and non-“IMS SIP” messages may also be used as termi-
nal devices in the various implementations of this disclosure.

Though described in terms of FIG. 1, the present disclosure
is not limited to such a cellular system. In general, cellular
telecommunication systems may be described as cellular net-
works made up of a number of radio cells, or cells that are
each served by a base station or other fixed transceiver. The
cells are used to cover different areas in order to provide radio
coverage over an area. Example cellular telecommunication
systems include Global System for Mobile Communication
(GSM) protocols, Universal Mobile Telecommunications
System (UMTS), 3GPP Long Term Evolution (LTE), and
others. In addition to cellular telecommunication systems,
other wireless communication systems that are suitable for
the various implementations described in the present disclo-
sure may include but not limited to IEEE 802.11 suite wire-
less local area network, IEEE 802.15.4 system, Bluetooth
system, IEEE 802.16 WiMAX network, etc. Accordingly, the
RAN 120, CN 130, external IP networks 145 can be the RAN,
CN and external IP networks included in any wireless com-
munication systems without departing from the scope of this
disclosure.

FIG. 2 is a swim lane diagram illustrating an example
process 200 of IMS session initiation based on using non-
IMS protocol. The illustrated example process 200 is imple-
mented by network components including UE 202, a P-CSCF
204, a S-CSCF 206, an application server (AS) 208, a server
and/or proxy CSCF (S/P-CSCF) 210 and UE 212. The
P-CSCF 204 and S-CSCF 206 may be located in UE 202’s
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home network, S/P-CSCF 210 may be located in a visiting
network UE 202 or a home network for UE 212. In some
implementations, before the IMS session, UE 202, UE 212, or
both may have been authenticated and authorized by the AS
208 for establishing a secure communication channel. The
authentication procedure may be based on security provided
by a transport protocol. For example, if the non-“IMS SIP”
protocol is an HTTP/TCP protocol, then transport layer secu-
rity (TLS) may be used to secure the communication channel.
The communication channel can also be secured using Inter-
net Protocol Security (IPSec) in transport or tunneling mode,
or other proprietary protocols. As described in the illustration
of FIG. 1, although UE is used as an example terminal device
for IMS communication, any other electronic devices (e.g.,
server, PBX, gateway, etc.) that can transmit and receive IMS
SIP and non-“IMS SIP” messages may also be used as termi-
nal devices based on specific implementation.

At 220, UE 202 transmits a non-“IMS SIP” message (e.g.,
HTTP request) to the AS 208. The AS 208 may be an IMS AS
150 as described in the illustration of FIG. 1. The message can
be an indication of a SIP call/session/dialog being initiated by
UE 202. The non-“IMS SIP” may be any protocol that can
deliver the non-“IMS SIP” message faster than SIP to the AS
208. The non-“IMS SIP” may include HTTP, IETF SIP,
REST, TCP, P2P protocols and proprietary protocols. In some
implementations, the non-“IMS SIP” message may be sent to
the AS 208 through a network that is different from the IMS
network, e.g, the external IP networks 145 as described in the
illustration of FIG. 1. In this particular example, an HTTP
INVITE request is considered as the non-“IMS SIP” mes-
sage. The HTTP INVITE request that indicates a SIP call/
session/dialog being initiated may comprise an HT'TP header
and/or a header-parameter with e.g., verb “INVITE”. The
HTTP INVITE request may also contain a parameter indicat-
ing a destination address of the upcoming SIP call/session/
dialog (e.g., the address of UE#2 212). The parameter may be
in the form of SIP Uniform Resource Identifier (URI) or any
other form which can allow the AS 208 to generate a valid SIP
URI address of the destination. The HTTP request may also
contain a Session Description Protocol (SDP) offer that UE
202 can send on the SIP leg 222 of the call/session/dialog. In
some implementations, when UE 202 initiates multiple ses-
sions to the same destination at the same time, the HTTP
request may also contain a header/parameter that can help the
AS 208 to correlate the HTTP request with the upcoming SIP
requests (e.g. SIP INVITEs 222). The header/parameter may
have values including IMS Communication Service Identifier
(ICSI)/IMS Application Reference Identifier (IARI), user
agent capabilities, caller preferences, SIP Call-ID header. In
some implementations, the AS 208 may query UE 202 using
a SIP request (e.g., SIP OPTIONS request). Accordingly, the
AS 208 may receive an SDP offer in a message that is in the
response to the SIP request. Other SIP and non-IMS SIP
implementations may also be used to obtain an SDP offer for
UE 202 atthe AS 208 without departing from the scope of'this
disclosure.

At 222, UE 202 can initiate a regular SIP INVITE dialog/
call/session with UE 212. Detailed illustration of the regular
SIP INVITE dialog/session/call initiation procedure can be
found in the 3GPP IMS standard technical specification (TS)
24.229. In short, the SIP INVITE request is first transmitted to
a P-CSCF 204. Multiple roles of SIP proxies or servers may
be collectively called a CSCF. The functions of SIP servers
and the proxies are respectively the P-CSCF 206 and S-CSCF
208. The CSCF can be used to process SIP signaling packets
in the IMS. A P-CSCF 206 is a SIP proxy that can be the first
point of contact for the IMS terminal. It can be located either
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in a visited network or in a home network. After receiving the
SIP INVITE request, the P-CSCF can take a snapshot of the
SDP in the INVITE request and route the SIP INVITE request
to the S-CSCF 206 at 224. After receiving and validating the
SIP INVITE request, the S-CSCF 206 can retrieve an iFC
from the HSS, such as a HSS 135 described in the illustration
of FIG. 1, and forward the SIP INVTE to the AS 208 at 226.
Based on the received SIP INVITE request, the AS 208 may
decode an SDP offer that identifies the IMS services
requested by UE 202. Compared to the transmission of HT'TP
INVITE 220, the SIP INVITE is processed by both the
P-CSCF 204 and the S-CSCF 206, which may results in a
longer transmission time for the INVITE request to arrive at
the AS 208. The non-“IMS SIP” message may not traverse
IMS CN on the UE#1-AS call leg 202. Therefore, the AS 208
can start the SIP INVITE call flows at 230 based on receiving
the non-IMS SIP IMS message instead of the regular SIP
INVITE request, and a time 228 can be saved during the SIP
dialog/session/call initiation procedure.

Once the AS 208 receives the non-“IMS SIP” message
transmitted by UE#1 202 at 220, it can perform at least one of
the following: 1) authenticate and validate the received non-
“IMS SIP” message; 2) decode the destination address infor-
mation from the non-“IMS SIP” message (e.g. SIP URI); 3)
identify if an SDP offer is included in the non-“IMS SIP”
message and if an SDP offer is included, decode and store an
SDP offer based on the non-“IMS SIP” message; 4) generate
a SIP INVITE request according to the rules defined in 3GPP
TS24.229; 5) set the destination address in the generated SIP
INVITE request; 6) set the pre-stored SDP offer in the SIP
INVITE request; or 7) Initiate a SIP dialog 230 with IMS CN,
such as the CN 130 described in the illustration of FIG. 1.

At 230, the SIP invite is transmitted to UE 212 through an
S-CSCF and/or a P-CSCF (S/P-CSCF) 210 based on the
decoded destination address. At 234, an IMS network
resource is reserved by UE 212. The IMS network resources
may correspond to one or more multimedia services that may
be used in the IMS SIP communication session. At 232, UE
212 sends a SIP 183 response that includes an SDP answer to
the S/P-CSCF 212 and the SIP 183 response is forwarded to
the AS 208 at 236.

The AS 208 awaits for the SIP INVITE request from UE
202 and SIP 183 (Session in Progress) response (or any other
SIP response with SDP answer) from the UE 212. When both
the SIP INVITE request and the SIP 183 response have been
received by the AS 208, the AS 208 can decode the SDP
answer based on, e.g., the SIP 183 of the UE 212. The SDP
answer may be included in a SIP 183 or any other SIP
response messages. The AS 208 may also store the SDP offer
from UE#1 202 and the SDP answer from UE#2 212. At 238,
SDP answer may be included ina SIP response message (e.g.,
SIP 183 response) to the S-CSCF 206. The SIP response
message can further be forwarded to the P-CSCF 204 at 240
and finally to UE 202 at 242.

In some implementations, the AS 208 may detect a codec
mismatch between the SIP INVITE SDP offer from UE 202
and an SDP answer from UE 212, i.e., the multimedia ser-
vices associated with the SDP offer may use different codecs
compared to the SDP answer. The AS 208 may act as a back
to back user agent (B2BUA), it may invoke IMS Media
Resource Function Controller (MRFC)/Media Resource
Function Processor (MRFP), or other transcoding functions
in order to transcode media between the sessions associated
with SDP offer and SDP answer. For example, an AS 208 may
receive a HTTP INVITE request from UE 202 and initiate a
SIP session with the UE 212 using codecs 1 and 2. However,
due to an internal policy, the carriers may invoke a media
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transcoding function and replaces codecs 1 and 2 with codecs
3 and 4. UE 212 may respond to the SIP INVITE (including
SDP offer associated with codecs 1 and 2) from the AS 208
with codec 2. Thus, a codec mismatch (UE#1 202 with codecs
3 and 4, and UE#2 212 with codecs 2) may be detected by the
AS 208. The AS 208 may then establish a session with the
MFRC. The MRFC may allocate resources on MRFP for the
transcoding between codecs 3/4 and 2. The AS 208 can reply
using a SIP response with codecs 3 and 4 in response to the
SIP INVITE from UE 202. The AS 208 can also use codec 2
in any upcoming SIP transactions (e.g. SIP UPDATE) with
SDP offer on the interface with UE 212. The MRFP can then
transcode the media stream with codecs 3 or 4 from the UE to
codec 2 on the interface to the UE#2, and vice versa.

FIG. 3 is a swim lane diagram illustrating an example
bearer activation process 300 in IMS based on using non-IMS
protocol. The illustrated example process 300 is implemented
by network components including UE 302, a P-CSCF 304, a
S-CSCF 306, an AS 308, a S/P-CSCF 310 and UE 312. The
P-CSCF 304 and S-CSCF 306 may be located in the home
network of UE 302, S/P-CSCF 310 may be located in the
visiting network of the UE 302 or the home network of the UE
312. In some implementations, it is assumed that before the
bearer activation process, UE 302 and UE 312 have initialized
and/or completed the resource reservation procedure after
performing the example process 200 illustrated in FIG. 2, or
a regular IMS SIP session initiation process. Further, the AS
308 may obtain and/or store a copy of the SDP offer from UE
302.

At 320, UE 302 sends a non-“IMS SIP” message, e.g. an
HTTP UPDATE request to the AS 308. The HI'TP UPDATE
request may include an HTTP header or a header-parameter
with, e.g. verb “UPDATE”, or any other parameter that may
be used by the AS to identify an action to be performed on the
SIP call leg of the call/dialog/session. In some instances, the
non-“IMS SIP” message may also include a parameter (e.g.
SIP Call-1d header) that can help the AS 308 to correlate the
non-“IMS SIP” message with an existing SIP dialog/session/
call. In some instances, the non-“IMS SIP” message may
further include an indication identifying that UE 302 has
requested to activate the bearer. The indication may include,
for example, an SDP parameter “a=sendrecv”’ or
“a=sendonly”. In some instances, the non-“IMS SIP” mes-
sage may further include an updated SDP offer of UE 302.

In the diagram shown in FIG. 300, a regular SIP UPDATE
request sent by UE 302 through the P-CSCF 304 at 3444, and
the S-CSCF 306 at 3445 to the AS 308 at 344c¢ is shown for
comparison purpose only. In the example process 300 for
bearer activation, the regular SIP UPDATE request may not
be sent. Since the SDP associated with UE 302 is assumed to
be obtained by the AS 308 during the IMS SIP session initia-
tion process, the system can use the obtained SDP informa-
tion for bearer activation. Similar to the regular SIP INVITE
request, the SIP UPDATE request may arrive at the AS 308
through multiple hops, which may cause time delays. An
example saved time 346 for using non-“IMS SIP” message is
shown in FIG. 3 though no SIP INVITE request may be
transmitted by UE 302.

In some implementations, the UE 302 sends only HTTP
“UPDATE” request, but no messages are sent on the SIP leg
of the call/dialog/session. However, the P-CSCF which the
UE 302 is connected to processes SDPs from both UE 302
and UE 312 in order to contact PCC and activate the bearer.
After receiving the HTTP UPDATE request at 320, the AS
308 can perform at least one of the following: 1) authenticate,
validate and correlate the HTTP UPDATE request with an
existing SIP session; 2) decode and store an SDP offer from
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the non-“IMS SIP” if an SDP offer is included in the HTTP
UPDATE request; 3) generate a SIP UPDATE request and
depending on the specific implementation, the request gener-
ated may also be Provisional SIP Response Acknowledge-
ment (PRACK), SIP INFO, SIP Re-INVITE and/or SIP
OPTIONS; 4) set the pre-stored SDP offer in the SIP
UPDATE request; or 5) send the SIP message/request to IMS
CN at 322.

A SIP messaging call flow starting at 322 between the AS
308 and UE 312 can be standard IMS call flows as defined in
3GPP TS24.229. The S/P-CSCF 310 of UE 312 can make
final adjustments for the bearer when the SIP messages cross
the S/P-CSCF at 324 and 326. The message transmitted by
UE 312 at 326 may be a SIP 200 (OK) message. At 328, UE
312 may confirm resource reservation, activate bearer, and/or
start ringing/alerting the end-user for the incoming media
session initiated by UE 302. At 330, the S/P-CSCF 310 can
forward the SIP 200 (OK) to the AS 308. When the AS
receives the SIP 200 for the SIP UPDATE request from UE
312, it can decode an SDP answer from the SIP 200 and
include it into a SIP UPDATE request on the SIP call leg
towards UE 302. The SDP becomes an offer SDP on the UE
SIP call leg. The AS 308 sends the SIP UPDATE message
through the S-CSCF at 332, the P-CSCF at 334 to UE 302 at
336. UE 302 receives, processes and responds to the message
with its own SDP answer and sends a SIP 200 (OK) to the
P-CSCF 304. The P-CSCF 304 can make final adjustments
for the bearer after receiving the SIP 200 at 338, and forward
it through S-CSCF 306 at 340 to the AS 308 at 342.

FIG. 4 is a swim lane diagram illustrating an example IMS
procedure 400 when an SIP INVITE request is rejected by the
IMS CN due to, for instance, an unsupported media type in
the SDP body. The illustrated example process 400 is imple-
mented by network components including UE 402, a P-CSCF
404, a S-CSCF 406, an AS 408, a S/P-CSCF 410 and UE 412.
In the illustrated example procedure 400, at 420, a non-“IMS
SIP” INVITE request, e.g., an HTTP INVITE is sent by UE
402 to the AS 408, and the AS 408 sends SIP INVITE through
the S/P-CSCF 410 at 424 to UE 312 at 426 using similar
process as described in the illustration of FIG. 2. However, the
SIP INVITE request sent at 422 is rejected by the P-CSCF
404, due to an unsupported media type error at 426, it will be
understood that there may be other reasons for the rejection.
UE 402 may cancel the call establishment procedure by send-
ing, for example, an HTTP CANCEL message to the AS 408
at 428. The AS 408 may further cancel the SIP session with
UE 412 by sending the CANCEL message through the S/P-
CSCF 410 at 430 to UE 412 at 432.

FIG. 5 is a swim lane diagram illustrating an example IMS
procedure 500 when an SIP INVITE request is delayed. The
illustrated example process 500 is implemented by network
components including UE 502, a P-CSCF 504, a S-CSCF
506, an AS 508, a S/P-CSCF 510 and UE 512. In the illus-
trated example procedure 500, at 520, UE 502 sends a non-
“IMS SIP” message, e.g., a HITP INVITE request, to the AS
508. The AS 508 sends SIP INVITE through the S/P-CSCF
510 at 524 to UE at 546. A 183 (Session in Progress) response
is returned by UE 512 through the S/P-CSCF at 550 to the AS
at552. The SIP INVITE request sent from UE 502 is received
by the P-CSCF 504 at 522 and is forwarded to the S-CSCF
506 at 548, but is notreceived by the S-CSCF yet. The AS 508
may cancel the SIP session with the UE by sending a SIP
CANCEL request through the S/P-CSCF 510 at 556 to UE
512 at 558. The AS may return an error code or a reason in a
non-“IMS SIP” response message, e.g., an HTTP response
(200 OK) message 554. The HTTP response message may
contain a “reason’ header with value “timeout on SIP bearer”.
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In some implementations, prior to sending the SIP CANCEL
request at 556, the AS 508 may start a timer while waiting for
the incoming SIP INVITE from UE 502 to arrive. If the timer
expires, the AS 508 can send the SIP CANCEL request. The
value of the timer may be implementation specific. The value
may be dynamically adjusted by the AS 208 based on a
“learning” procedure by the AS 208 of the networking con-
ditions/responsiveness from previous sessions. In some
instances, the value of the timer may not exceed 2-3 seconds
for real time sessions such as voice or video calls.

In some implementations, an AS has initiated a SIP session
to UE 512 but received an error SIP response (e.g. SIP 486
Busy Here), the AS may transmit the response back to UE 502
based on the status of the SIP session with the UE 502 as
follows: 1) If the AS has received a SIP request from UE 502
(e.g. SIP INVITE), the AS may transmit the SIP reject code/
reason (e.g. SIP 486 Busy Here) from the UE#2 in a SIP
response to the SIP request from the UE 502; 2) If the AS has
not received a SIP request from the UE 502, the AS may
propagate the SIP reject code/reason in a non-“IMS SIP”
response similar to the corresponding process described in
the illustration of FIG. 5.

In some implementation, an AS receives a non-“IMS SIP”
INVITE, but due to an internal/syntax or other error, it cannot
initiate a SIP session with UE 512. The AS can respond to the
non-“IMS SIP” INVITE with a non-“IMS SIP” response. The
non-“IMS SIP” response may include a code or a reason of
the failure.

In some implementations, an AS receives a SIP INVITE
without a previously queued non-“IMS SIP” INVITE. Then
the AS may follow the standard IMS flows procedures as
described in 3GPP TS24.229. The AS may also reject using
an error code (e.g., 481 “Call leg/transaction does not exist”
response code) to the non-“IMS SIP” INVITE messages
received after the received SIP INVITE.

FIG. 61is a schematic representation 600 of a server 610 and
UE 650 operable for some of the various implementations of
the disclosure. The server 610 and the UE 650 may be, respec-
tively, the IMS application server 150 and the UE 110 as
described in the illustration of FIG. 1. The server 610 and the
UE 650 may be communicably coupled through a network
640, such as the cellular system 100 in FIG. 1. The UE 650
may further include at least one processor 655, amemory 660,
a DSP circuitry 665, a transceiver 670, and at least one
antenna 675.

The processor 655 may comprise a microprocessor, central
processing unit, graphic control unit, network processor, or
other processor for carrying out instructions stored in
memory 660. The functions of the processor 655 may include
computation, queue management, control processing,
graphic acceleration, video decoding, and execution of a
sequence of stored instructions from the program kept in the
memory module 660. In some implementations, the proces-
sor 665 may also be responsible for signal processing includ-
ing sampling, quantizing, encoding/decoding, and/or modu-
lation/demodulation of the signal. The memory module 660
may include a temporary state device (e.g., random-access
memory (RAM)) and data storage. The memory module 660
can be used to store data or programs (i.e., sequences of
instructions) on a temporary or permanent basis for use in a
UE.

The wireless transceiver 670 can include both the transmit-
ter circuitry and the receiver circuitry. The wireless trans-
ceiver 670 may be responsible for converting a baseband
signal to a passband signal or vice versa. The components of
wireless transceiver 670 may include a digital to analog con-
verter/analog to digital converter, amplifier, frequency filter
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and oscillator. In addition, the wireless transceiver 670 may
also include or communicably coupled to a digital signal
processing (DSP) circuitry 665. The DSP circuitry 665 may
perform functionalities including encoding/decoding, detect-
ing, estimating, modulating and/or demodulating signals.
The transceiver 670 may be communicably to one or more
antennas 675.

The antenna 675 is a transducer which can transmit and/or
receive electromagnetic waves. Antenna 675 can convert
electromagnetic radiation into electric current, or vice versa.
Antenna 675 is generally responsible for the transmission and
reception of radio waves, and can serve as the interface
between the transceiver 206 and the wireless channel. In some
implementations, the wireless station 675 may be equipped
with more than one antenna to take advantage of multiple-
input-multiple-output (MIMO) technology. MIMO technol-
ogy may provide a process to utilize the multiple signal paths
to reduce the impact of multipath fading and/or to improve the
throughput. By using multiple antennas at wireless station,
MIMO technology may enable the system to set up multiple
parallel data streams on the same channel, thereby increasing
the throughput of the channel.

The server 610 may include at least one processor 615, a
memory 620, one or more applications 625, an input/output
controller 625, and an interface 635. The server may be an
IMS SIP AS that can host and execute services, and interface
with the S-CSCF using SIP. An example of an application
server that is being developed in 3GPP is the Voice call
continuity Function (VCC Server). Depending on the actual
service, the AS 610 can operate in SIP proxy mode, SIP UA
mode or SIP B2BUA mode. An AS 610 can be located in a
home network or in an external third-party network (e.g., the
external IP networks 145 described in the illustration of FIG.
1). If the server 610 is located in the home network, it can
query the HSS with the Diameter Sh or Si interfaces.

The processor 615 included in the server 610 can execute
one or more multimedia applications 625 to provide IMS
multimedia services. The processor 615 may be a central
processing unit (CPU), a blade, an application specific inte-
grated circuit (ASIC), a field-programmable gate array
(FPGA), or another suitable component. Generally, the pro-
cessor 615 executes instructions and manipulates data to per-
form the operations of the server 610 and, specifically, the one
or more applications 625. Regardless of the particular imple-
mentation, applications 625 may include computer-readable
instructions, firmware, wired or programmed hardware, or
any combination thereof on a tangible and non-transitory
medium operable when executed to perform at least the pro-
cesses and operations described herein. Indeed, each software
component may be fully or partially written or described in
any appropriate computer language including C, C++, Java,
Visual Basic, assembler, Perl, any suitable version of 4GL, as
well as others. Processors 615 suitable for the execution of
applications 625 include, by way of example, both general
and special purpose microprocessors, and any one or more
processors of any kind of digital computer. Generally, a pro-
cessor 615 will receive instructions and data from the
memory 620. Devices suitable for storing applications 625
and data include all forms of non-volatile memory, media and
memory devices, including by way of example, semiconduc-
tor memory devices, e.g., EPROM, EEPROM, and flash
memory devices; magnetic disks, e.g., internal hard disks or
removable disks; magneto optical disks; and CD ROM and
DVD-ROM disks. The processor 615 and the memory 620
can be supplemented by, or incorporated in, special purpose
logic circuitry.
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The memory 620 included in the server 610 may be any
memory or database module and may take the form of volatile
or non-volatile memory including, without limitation, mag-
netic media, optical media, random access memory (RAM),
read-only memory (ROM), removable media, or any other
suitable local or remote memory component.

The input/output controller 630 may be a circuitry or mod-
ule to control the input and/or output of the interface 635. The
interface 635 is used by the server 610 for communicating
with other network components, such as the network compo-
nents described in the illustration of FIG. 1. Generally, the
interface 635 includes logic encoded in software and/or hard-
ware in a suitable combination and operable to communicate
with the network 640 (e.g., an IMS network). More specifi-
cally, the interface 635 may comprise software supporting
one or more communication protocols (e.g., SIP, HT'TP, P2P,
etc.) associated with communications such that the network
640 or interface’s hardware is operable to communicate
physical signals within and outside of a cellular network. In
some instances, the interface’s hardware may include wire-
less transceivers and antenna (not shown).

While this document contains many specifics, these should
not be construed as limitations on the scope of an invention
that is claimed or of what may be claimed, but rather as
descriptions of features specific to particular embodiments.
Certain features that are described in this document in the
context of separate embodiments can also be implemented in
combination in a single embodiment. Conversely, various
features that are described in the context of a single embodi-
ment can also be implemented in multiple embodiments sepa-
rately or in any suitable subcombination. Moreover, although
features may be described above as acting in certain combi-
nations and even initially claimed as such, one or more fea-
tures from a claimed combination can in some cases be
excised from the combination, and the claimed combination
may be directed to a sub-combination or a variation of a
sub-combination. Similarly, while operations are depicted in
the drawings in a particular order, this should not be under-
stood as requiring that such operations be performed in the
particular order shown or in sequential order, or that all illus-
trated operations be performed, to achieve desirable results.

Only a few examples and implementations are disclosed.
Variations, modifications, and enhancements to the described
examples and implementations and other implementations
can be made based on what is disclosed.

What is claimed is:

1. A method comprising:

receiving, directly from a first electronic device, anon-IMS
Session Initiation Protocol (SIP) message through an IP
network independent of routing through a Proxy-Call
Session Control Function (P-CSCF) and a Serving-
CSCF (S-CSCP);

identifying a request to initiate an IMS communication
session through the IMS network with a second elec-
tronic device based, at least in part, on the non-IMS SIP
message;

identifying the received non-IMS SIP message for authen-
tication information associated with the first electronic
device and a destination address associated with a sec-
ond electronic device;

validating the first electronic device based, at least in part,
on the identified authentication information;

initiating the IMS communication session with the second
electronic device in response to the request;

receiving, from the first electronic device, a first SIP mes-
sage through an IMS network;
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associating the received first SIP message with the initiated
IMS communication session;

transmitting, to the second electronic device, a second SIP
message that includes the destination address; and

initiating a SIP dialog with an IMS core network during the
initiated IMS communication session.

2. The method of claim 1, further comprising executing
instructions to identify a Session Description Protocol (SDP)
offer based, at least in part, on the received non-IMS SIP
message, storing the identified SDP offer to a memory com-
municably coupled to at least one hardware processor, and
wherein the SIP invite message further includes the SDP
offer.

3. The method of claim 1, further comprising:

identifying a Session Description Protocol (SDP) offer

based, at least in part, on the received non-IMS SIP
message;

receiving a first SIP response from the second electronic

device;

identifying, the first SIP response for an SDP answer;

storing the SDP offer and the SDP answer to a memory

communicably coupled to at least one hardware proces-
sor; and

transmitting, to the first electronic device, a second SIP

response that includes information associated with the
SDP answer for resource reservation.

4. The method of claim 3, further comprising:

determining a first codec based, at least in part, on the SDP

offer;

determining a second codec based, at least in part, on the

SDP answer, wherein the second codec is different from
the determined first codec;

transcoding the first codec to the second codec for an SIP

message transmitted from the first electronic device to
the second electronic device; and

transcoding the second codec to the first codec for an SIP

message transmitted from the second electronic device
to the first electronic device.

5. A method comprising:

receiving, from a first electronic device, a first session

initiation protocol (SIP) message through an IMS net-
work;

identifying Session Description Protocol (SDP) informa-

tion and a request for initiating a SIP INVITE session
between the first electronic device and the application
server based, at least in part, on the received first SIP
message, wherein the SIP INVITE session is routed
through the IMS network;

initiating an IMS communication session based on the SDP

information;

initializing a resource reservation procedure with the first

electronic device in response to the request;
receiving, directly from the first electronic device, a non-
IMS SIP message through the IMS network independent
of routing through a Proxy-Call Session Control Func-
tion (P-CSCF) and a Serving-CSCF (S-CSCF);

identifying an indication associated with a request for acti-
vating a bearer for a media service for the IMS commu-
nication session base, at least in part, on the received
non-IMS SIP message;

identifying authentication information associated with the

first electronic device and an indication that indicates an
association of the non-IMS SIP message and the IMS
communication session based, at least in part, on the
received non-IMS SIP message;

validating the first electronic device based on the identified

authentication information; and
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associating the non-IMS SIP message and the IMS com-
munication session based on the identified indication;
and

transmitting a second SIP message for initiating a bearer

activation procedure in response to the indication.

6. The method of claim 5, further comprising storing the
identified SDP information associated with the first electronic
device to a memory communicably coupled to at least one
hardware processor.

7. The method of claim 5, further executing instructions to
identify an SDP offer based, at least in part, on the received
non-IMS SIP message, and storing the SDP offer to a memory
communicably coupled to at least one hardware processor.

8. The method of claim 7, wherein transmitting the second
SIP message further includes transmitting, to a IMS core
network, the second SIP message during the associated IMS
communication session, wherein the second SIP message
further includes information associated with the SDP offer.

9. The method of claim 8, further comprising:

receiving a first SIP response from the second electronic

device;

identifying an SDP answer based, at least in part, on the

first SIP response;

storing the SDP offer and the SDP answer to a memory

communicably coupled to at least one hardware proces-
sor; and

transmitting a second SIP response that includes the SDP

answer to the first electronic device.
10. A non-transitory computer-readable medium storing
instructions that are executable by one or more data process-
ing apparatus to perform operations comprising:
receiving, directly from a first electronic device, anon-IMS
Session Initiation Protocol (SIP) message through an IP
network independent of routing through a Proxy-Call
Session Control Function (P-CSCF) and a Serving-
CSCF (S-CSCP);

identifying a request to initiate an IMS communication
session through the IMS network with a second elec-
tronic device based, at least in part, on the non-IMS SIP
message;

identifying the received non-IMS SIP message for authen-

tication information associated with the first electronic
device and a destination address associated with a sec-
ond electronic device;

validating the first electronic device based, at least in part,

on the identified authentication information;

initiating the IMS communication session with the second

electronic device in response to the request;

receiving, from the first electronic device, a first SIP mes-

sage through an IMS network;

associating the received first SIP message with the initiated

IMS communication session;
transmitting, to the second electronic device, a second SIP
message that includes the destination address; and
initiating a SIP dialog with an IMS core network during the
initiated IMS communication session.

11. The computer-readable medium of claim 10, wherein
the operations further comprising executing instructions to
identify a Session Description Protocol (SDP) offer based, at
least in part, on the received non-IMS SIP message, storing
the identified SDP offer to a memory communicably coupled
to at least one hardware processor, and wherein the SIP invite
message further includes the SDP offer.

12. The computer-readable medium of claim 10, wherein
the operations further comprising:
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identifying a Session Description Protocol (SDP) offer
based, at least in part, on the received non-IMS SIP
message;

receiving a first SIP response from the second electronic
device;

identifying, the first SIP response for an SDP answer;

storing the SDP offer and the SDP answer to a memory
communicably coupled to at least one hardware proces-
sor; and

transmitting, to the first electronic device, a second SIP
response that includes information associated with the
SDP answer for resource reservation.

13. The computer-readable medium of claim 12, wherein

the operations further comprising:

determining a first codec based, at least in part, on the SDP
offer;

determining a second codec based, at least in part, on the
SDP answer, wherein the second codec is different from
the determined first codec;

transcoding the first codec to the second codec for an SIP
message transmitted from the first electronic device to
the second electronic device; and

transcoding the second codec to the first codec for an SIP
message transmitted from the second electronic device
to the first electronic device.
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